Matched Filter Array (MFA) Processing has a distinct advantage over delay-sum beamforming for reverberant enclosures in that it is able to cohere significant reflected images in addition to the direct arrivals and is capable of spatial selectivity in three dimensions. However, previous study of this technique utilized a very large number of sensors, which is beyond the A/D capacity and computational power of current commercially available DSP hardware. In this paper, the results of using matched filtering with only 8 sensors in real rooms are presented. It is found that a moderate amount of reverberation can be removed, which suggests that the technique may prove useful for high-quality speech pickup for teleconferencing in a small room environment.
Introduction
Recent technology development in the field of telecomunication applications has caused increased demands to be placed on the performance of accoustic capture cabalities of communication systems. The requirement of hands-free, untethered operation of such equipment often creates a situation where the user is quite distant from the microphone used to capture her speech. The quality of the captured signal in such a configuration may be severely degraded by the effects of reverberation and additive noise. The amplitude of the sound wave from the desired source decreases linearly with distance to the microphone, while the amplitudes of the reverberation and additive noise signals may be expected to remain at unchanged levels. As a result, the signal to noise ratio (SNR) at the capture sensor decreases with source-microphone distance.
The Matched Filter Array (MFA) algorithm provides a method of raising the SNR of the captured signal by using an array of sensors and combining their outputs in a coherent fashion. The MFA algorithm exploits a known geometric relationship between the sound source and array sensors and the associated set of acoustic transfer functions in order to perform a time aligned addition of the source signal components of the captured signals as described in the time delay compensation (TDC) approach [1] , and delay-sum beamforming approaches [2] . The interfering noise components of the captured signals add in a non-coherent fashion and their relative power in the resultant signal is diminished. Unlike TDC, the MFA also aligns the components of the signal due to acoustic reflections. This feature is especially effective in highly reverberant environments where the primary source of interference is the reflected energy of the source signal.
Previous study of this method [3] used between 46 and 2000 sensors in highly reverberant environments. While these results were quite dramatic, the A/D capacity and computational power required were equally as dramatic. A system capable of performing the required processing in real time is currently under development [4] . However, its size makes it impractical for use in small conference rooms.
Several commercially available DSP daughterboards for PC's provide 8-channel A/D conversion and a single processor. With such hardware, it is is reasonable to expect that a real-time, 8-channel MFA system can be implemented for teleconferencing applications in smaller rooms with low to moderate amounts of reverberation. The significantly lower computational requirements come at the expense of lowering the amount of reverberation mitigated by the processing. This paper presents results of applying the MFA algorithm to an 8 sensor array in a varechoic chamber the size of a small conference room, and is organized as follows. The theory of MFA operation is presented in Section 2. Procedures used in capturing audio data are given is Section 3. The results obtained from applying the MFA algorithm to the captured data are given in Section 4. Finally, conclusions are presented in Section 5.
MFA Algorithm
In an enclosure, sound propagation from source to microphone can be modeled as a transfer function.
Thus, a sound signal s(t) captured by a microphone in an enclosure can be expressed as: m(t) = s(t) h(t) (1) where h(t) is the filter corresponding to the model transfer function, and denotes convolution.
The MFA algorithm consists of filtering the input signal obtained from each microphone with the time reverse of the focus-to-sensor impulse response. For a sound source located at the focus, the effect of the matched filter is to convolve the undistorted signal with the autocorrelation of the focus-to-sensor response:
where m i (t) is the signal received at sensor i. A simple case for a single matched filter corresponding to an enclosure with two reflections is shown in Figure 1 .
The output of the MFA is the sum of the outputs of each individual matched filter. For a single sound source at the focal point, this is: Figure 1 : Effect of matched filtering in an enclosure.
where s on (t) is the signal originating from the focal region, h fi (t) is the impulse response from the focal point to microphone i, and N is the number of sensors. When N is sufficiently large, the summation term on the far right side of (3) will approximate a large impulse and will enhance the component of desired signal s on (t) appearing at the microphones.
A distinct advantage of the MFA over simple beamforming is its ability to remove reverberation from the captured signal. In a reverberant environment, the performance of the delay-sum beamformer suffers as reflected sound waves appear along the "bore" of the beam. It is shown in [5] that the potential SNR for the MFA is independent of the number of reflections, as compared with beamforming, where SNR decreases monotonically with the number of reflections. For simplicity, spherical spreading and attenuation due to absorption and propagation are ignored (i.e. h fi (t) has coefficients equal to either 1 or 0). If there are K reflections in the acoustical environment, the output of the matched filter for a single-impulse excitation will contain K 2 arrivals of the impulse. Of these arrivals, K will cohere timewise, forming the undistorted signal. The remaining K(K ? 1) will distribute in time, forming the reverberant, or noise, signal. For an N-channel MFA, NK of the NK 2 arrivals will cohere, leaving NK(K ? 1) arrivals distributed in time as reverberant noise. This shows an improvement over beamforming, which only coheres the direct arrivals. These ideas are illustrated in Figure 2 . Making the ideal assumption that that only a negligible number of the NK(K ? 1) reverberant arrivals appear at the same time index , the ratio of signal to reverberant energy can be expressed as:
which is independent of the number of reflections for K >> 1. For comparison, the signal-toreverberation ratio for the delay-sum beamformer is:
which decreases as K becomes large.
The MFA described by (3) cannot be realized directly. The time-reversed focus-to-sensor responses h si (?t) are generally non-causal, and require a fixed delay to be used in an FIR filter realization. It is also necessary to truncate the focus-to-sensor impulse responses h fi (t) used for the MFA. For most smallto-medium sized conference rooms, the reverberation times are between 0.5 and 1.5 seconds. If the full-length impulse response were to be used, each channel of the MFA would consist of 4000-12,000 tap FIR filters, assuming an 8 kHz sampling rate. The amount of computation required for such a long set of filters exceeds the capacity of currently available single-processor DSP boards for a real-time implementation. In addition, there would be a delay between the input and the output of the system equal to the reverberation time. This can hinder "natural" conversation in a teleconferencing environment, as the audio would be out of sync with the video.
Another problem caused by using the full length impulse response is an anticausal echo in the output of the MFA, which causes degradation of the perceptual quality of the filtered speech. The on-focus impulse response of the MFA described in (3) has two long tails with a large impulse in the center, as shown in Figure 2 . The forward tail produces the anticausal echo, which becomes more perceivable to the listener as the tail become longer. If the focus-to-sensor responses used for the MFA are truncated, the forward tail of the MFA impulse response is reduced significantly.
Experiments
To help gauge the effectiveness of MFA processing for an array with a small number of sensors in a conference room environment, several acoustical experiments were performed using speech data collected at the Varechoic Chamber at Lucent Technologies in Murray Hill, NJ [6] , and in a typical medium-sized conference room at the CAIP Center. Speech files were played through loudspeakers and captured by an 8-element microphone array and processed offline. The experiments in the Varechoic Chamber will be explained first, followed by the experiment in the "real" conference room.
Varechoic Chamber
The Varechoic Chamber is a 6.7 6.1 2.9 meter room with double wall construction for insulation from the outside environment. The interior of the room is covered with double sliding stainless steel panels with perforations. The panels are backed by acoustic absorbing material. The double panels may be slid so that the perforations are aligned and the absorbing material is exposed, causing the room to be acoustically damp, or they may be slid so that the perforations are misaligned, creating an unbroken acoustically reflective surface. The panels are slid by servo motors under computer control. Individual control of the 368 panels that comprise the chamber walls allows for variation of reflection levels for a reverberation time of 0.1-0.9 seconds. The noise levels were measured to be 21 dB on the A scale, and 49 dB on the C scale.
Multichannel recordings were made in the chamber in order to test the effectiveness of the MFA algorithm for reduction of degradation due to reverberant noise and for mitigation of an interfering source. The chamber was relatively empty during Two sentences about five seconds each in duration, a third sentence about a second and a half of duration, and generated white noise were used as stimuli for the recordings. The speech was taken from the TIMIT database [7] . Additional recordings with a time stretched pulse (TSP) [8] as the stimulus were made in order to determine the acoustic transfer function of the Varechoic Chamber for each location. A separate recording was made for each position. The appropriate room responses were obtained by deconvolving the TSP from these recordings. The responses were then truncated at 65 milliseconds and time reversed to form the MFA.
At each of the four positions shown in Figure 3 , the following three sentences were recorded using the microphone array and DSP board: These recordings were stored on disk, and processed offline. A second experiment was performed to test the spatial sensitivity of MFA processing for sources located a short distance from the focal point. The positioning of the loudspeaker is shown in Figure 4 . The TSP signal and the 5-second sentence spoken by a female speaker (Stimulus 2 in the list above) were played through the loudspeaker at each of the nine positions. All of the recordings were processed with the set of truncated matched filters corresponding to Position 0. Then the matched filter set was computed for a different position, and all the recordings re-processed. This was repeated for all of the positions. As with the first experiment, the recordings were stored on disk, and processed offline. 
Conference Room
To test the effectiveness of MFA processing in a real conference room, another set of experiments was carried out in a medium-sized conference room on the sixth floor of the CoRE building at Rutgers. The room is 10.4 6.5 2.6 meters in dimension, and has a reverberation time of approximately 0.6 seconds. The noise levels were measured to be 39 dB on the A scale, and 57 dB on the C scale. The configuration of the room appears in Figure 5 . The room contained six tables with four seats each, arranged in three rows of two, for a total of 24 seats. There was also a TV cabinet in one of the corners, and a overhead projector in the front of the room. The windows were partially covered by metal blinds which contributed significantly to the reverberation of the room.
Four new utterances were selected for these experiments, again from the TIMIT database, as follows:
Female speaker: "Differences were related to social, economic, and educational backgrounds."
Female speaker: "Those answers will be straightforward if you think them through carefully first."
Male speaker: "The local drugstore was charged with illegally dispensing tranquilizers."
Male speaker: "The beatniks crave a sexual experience in which their whole being participates."
The microphones were placed in two sets of four on orthogonal walls as in the Varechoic Chamber. The four microphones in each quad were arranged in a rectangle 30 cm high and 26 cm wide, the same manner as in the Varechoic Chamber. The top-left sensor in each quad was located at (0,2.60,1.96) and (7.37,0,1.92) with the origin of the Cartesian coordinate system located on the floor at the lower-left corner of Figure 5 .
In a similar fashion as the Varechoic Chamber, recordings of the TSP and each of the four speech signals at each seat position were made with the DSP hardware. As before, the recordings were stored and processed offline. To test the performance of the MFA algorithm with on-focus signals, the speech recordings were processed with the set of matched filters corresponding to the appropriate seat position. As in the Varechoic Chamber experiments, the matched filters were truncated at 65 milliseconds.
Two experiments were performed to evaluate the spatial selectivity of the MFA. The first experiment tested the ability of the MFA to attenuate distant offfocus sources. The entire set of speech recordings made in the conference room was processed with the matched filter set corresponding to seat "D" in row "B." The second attempted to evaluate the performance of the MFA when the source is located less than 30 centimeters from the focal point. The focus is set at seat "E" in row "B," and recordings were made at locations 10, 20, and 30 centimeters from this position in the negative x, positive x, positive y, and positive z directions. Figure 6 contains a group of spectrograms corresponding to the results of processing recordings made in the Varechoic Chamber. The spectrograms were calculated using a 512-point (33 millisecond) rectangular window and 75% overlap between frames. During these recordings, all of the metal panels in the Chamber were closed. The reverberation time of the Chamber in this configurations was approximately 0.9 seconds. The top panel (Figure 6a) shows the "clean" speech signal which appeared at the input of the loudspeaker. The middle panel (Figure 6b ) shows the speech captured by a single microphone. There is a fair amount of spectral smearing in Figure 6b , caused by the reverberation. The bottom panel (Figure 6c ) shows MFA-processed speech. It is seen from Figure 6c that the MFA cor- rects the spectral smearing. Upon listening to these results it is noted that the MFA has indeed removed a significant amount of reverberation. Figure 7 shows spectrograms for a male speaker at seat "E" in row "A" in the conference room in Figure 5 . The spectrograms are arranged in the same manner as Figure 6 . A large amount of spectral smearing due to reverberation is seen in the singlemicrophone signal of Figure 7b . In Figure 7c , it is seen that the MFA removed a significant amount of the reverberation.
Results

On-Focus Results
To obtain a more quantitative measure of the improvement in speech quality due to the processing, the signal-to-noise ratio (SNR) was calculated for both MFA-processed and single-microphone speech for all the recordings made for these experiments. The SNR was computed as follows. For simplicity, the recovered signal (processed or unprocessed) r(t) is expressed as: r(t) = s(t ? d) + n(t) (6) where s(t ? d) is the original speech signal delayed by d, is an attenuation constant due to propagation, and n(t) is the noise signal, which includes interfering sources, ambient room noise, and reverberation.
The SNR is then calculated as follows. The original speech signal s(t) and the recovered signal r(t) are time-aligned by shifting r(t) by d. Then r(t) is scaled by 1= , which is estimated as:
where N is the length of s(t) and N r is the length of r(t).The resulting scaled recovered signal r s (t) is expressed as:
The speech component s(t) is then subtracted from the scaled recovered signal r s (t) to form n(t) and the SNR is calculated by: SNR = 10 log 10 P N t=0 s 2 (t) P N t=0 n 2 (t)
The improvement in SNR over a single microphone was calculated by subtracting the raw SNR for the unprocessed speech from that of the MFA-processed speech. Average values over all positions and utterances used in the Varechoic Chamber appear in Table 1 . 
Reverberation
Average SNR Level Improvement (dB) Overall 6.39 Dead (0.1 s) 6.12 Quarter (0.2s) 6.36 Half (0.5.s) 6.99 Live (0.9 s) 6.44 Table 1 : Average SNR improvement over a single microphone for MFA-processed speech in the Varechoic Chamber with no interfering sources present.
The table shows that the SNR improvement over a single microphone does not change much as the reverberation time increases. Since the SNR of the single microphone is assumed to decrease with increasing reverberation, the raw SNR of the MFAprocessed speech is decreasing with reverberation time, which contradicts (4). However,this behavior is due to the truncation of the matched filters. Since the truncation time of the matched filter was the same throughout, it is expected that the MFA will remove the same amount of reverberation. In addition, the SNR improvement increases slightly until the 0.5 second reverberation setting, and then decreases slightly at the 0.9 second reverberation setting. This behavior suggests that the performance of the 8-sensor MFA will deteriorate for reverberation times longer than 0.5 seconds. Because of the 65 millisecond truncation time of the matched filters and the limited number of sensors, the MFA cannot cohere much of the reflective energy in more reverberant environments. Table 2 presents SNR improvement results for the on-focus conference room recordings. The values in the table correspond to the average SNR improvement over the four utterances recorded in the room, with the MFA focused at each of the seat positions (except seat "D" in row "C", where the datacollecting computer was located). The average improvement for all seats and all utterances was 5.06 dB, which is close to the results reported for the Varechoic Chamber. There are two possible explanations for the small discrepancy. First, there may be more significant reflections in the conference room beyond the 65 millisecond truncation time than there are in the Varechoic Chamber. Hence there will be more reverberant energy that is not cohered, causing the SNR improvement to suffer. Second, the con- Table 2 : Average SNR improvement over a single microphone for an 8-channel MFA focused at each seat position in a conference room (shown in Figure 5 ).
ference room is a larger and noisier environment, which leads to a less accurate source-to-sensor response measurement and weaker speech signals at the sensors.
Off-Focus Results
From listening to the results of the processing it is observed that MFA-processed recordings of sources as little as 30 centimeters away from the focal point are as reverberant as single-microphone speech. SNR calculations for the processed recordings confirmed this impression. Plots of SNR vs. distance from focus appear in Figures 8 through 11 . It is seen that the SNR drops significantly when the source is moved 30 cm from focus, the minimum distance considered for this experiment. This behavior is seen at all reverberation levels. These results indicate that the spatial selectivity of the MFA, even when using a small number of sensors, is quite acute. Table 3 contains results for the first off-focus experiment in the conference room, in which the MFA focused at a single seat position is used to process sources located at different seats. As expected, the MFA rejects signals away from the focal point. The SNR is seen to drop between 5 and 6 dB when the speech is located at an adjacent seat, a distance of between approximately 0.7 (for seats "C" and "D") and 1.6 (for seat "E") meters. This confirms the behavior for off-focus sources seen in the Varechoic Chamber, once again demonstrating the acute spatial selectivity of the small-scale MFA.
The results of the second off-focus experiment, in which the source is located between 10 and 30 cm from the focus, in the conference room appear in Ta- that the MFA is more sensitive to changes in the x direction than the y or the z directions. This sensitivity is due to the geometry of the room; the length of the propagation paths to each quad is slightly more sensitive to changes in the x direction. This sensitivity in any given direction may vary slightly at different positions in the room. However, these results indicate that the focal region has dimensions of less than 20 centimeters, causing the MFA to be very sensitive to even small errors in the estimation of source position. As a result, a source location system such as [9] used to "aim" the MFA must produce position esti- mates with a very high degree of precision.
Conclusion and Future Work
From the results of these experiments, it is seen that MFA processing can be effective in removing multipath distortion from speech captured in a small-tomedium sized reverberant enclosure, and capable of acute spatial selectivity. For a single source in a reverberant environment, an SNR improvement over a single microphone of about 6 dB was seen to remain fairly constant as the reverberation time increased from 0.1 to 0.9 seconds. These results suggest that the MFA could be used for effective dereverberation in a small-to-medium sized conference room with a moderate reverberation time. In addition, the focal Table 3 : Average SNR at each seat position for an 8-channel MFA focused at seat "D" in row "B" in a conference room ( Figure 5 ).
Distance from focus (cm)
x y z Table 4 : SNR results for MFA-processed speech a short distance from the focal point along the x, y and z axes.
region was found to have dimensions of less than 20 centimeters. Work remains to be done in assessing the suitability of this method for teleconferencing applications. The small dimensions of the focal region require a large number of matched filter coefficients to be known to adequately cover all but the smallest of rooms. This poses a major obstacle for a potential real-time implementation, as an efficient method for either computing or storing the required coefficients needs to be developed. In addition, a more rigorous mathematical model of MFA behavior with respect to frequency, filter truncation length and microphone placement is needed. Finally, the suitablility of the MFA for use with "hands-free" automatic speech recognition systems can be investigated.
